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METHOD AND APPARATUS FOR IMPROVING MODULATION ACCURACY 

Background of the Invention 

Field of the Invention 

This invention relates generally to digital signal processing and digital 
5 communications, and more specifically to modulation using digital-to-analog converters and 
frequency multipliers. 
Description of the Related Art 

It has become increasingly important to reduce the size, weight, and power 
consumption of electronic devices, especially personal communication devices such as 
10 cellular telephones. Consumers want devices that are easily carried around and have long 
battery life. Electronics manufacturers have therefore sought to reduce the number of 
components in electronic devices by using components that perform multiple functions. 

Modulation is a function that is often performed in consumer devices. This is 
especially true for consumer devices that transmit signals over long distances, devices that 
15 transmit or store data represented as digital signals, and all types of telecommunication 
devices. Data signals are rarely transmitted over a distance in their raw form. The signals are 
normally modulated to match their frequency characteristics to those of the transmission 
medium in order to minimize signal distortion, to use the available bandwidth efficiently, and 
to ensure that the signals have some desirable properties. The process of modulation often 
20 involves modifying a high frequency signal, known as the carrier signal, in sympathy with a 
data signal, called the modulating (or baseband) signal. For convenience, persons skilled in 
the art typically categorize modulation into oneof two categories. 

The first modulation category is called data modulation. Data modulation refers to the 
process used when encoding a stream of data (often .referred to as a baseband signal) into a 
25 carrier signal. The way in which the carrier signal is encoded is called the modulation 
scheme. Commonly used modulation schemes 'fpr' transmitting analog data over a bandpass 
channel (e.g., a . microwave, cellular telephone, or -other, radio frequency link) include, for 
example, Amplitude, : Modulation (AM), Frequency Modulation (FM), Single Sideband 
Modulation (SSB), etc. Commonly used modul^bn schemes for transmitting digital data 
30 . over a bandpass channel include, for example, Amplitude Shift Keying (ASK), Phase Shift 
Keying (PSK), and. Frequency Shift Keying (FSK), etc. A carrier signal modified by the 
modulation process is known as a modulated earner. 

The second modulation category is called up-conversion and is used to refer to the 
process of shifting a signal from one frequency range to another (usually higher) frequency 
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range. For example, in commercial broadcast applications, such as standard AM, FM, or 
television broadcasts, a radio program (the baseband signal) is used to modulate a radio 
frequency carrier signal: The modulated radio frequency carrier signal is amplified and 
provided to a transmitting antenna that radiates the amplified modulated radio frequency 
5 carrier signal as electromagnetic waves (radio waves). The electromagnetic waves may be . 
received by a transistor radio and demodulated to recover the original radio program, which is 
then played on a loudspeaker. The baseband signal (the radio program) is an audio frequency 
signal, usually having frequencies in the range of 20-20,000 Hz. The radio frequency carrier 
is a radio frequency signal, often having a frequency of 50 MHz (megahertz) or higher. 
10 The perceived differences between data modulation and up-conversion are largely 

illusory, and the distinction between data modulation and up-conversion is generally used 
merely for convenience. Thus, one skilled in the art will recognize that techniques used for 
data modulation can also be used for up-conversion, and vice versa. The term up-conversion 
is used herein as a convenient way to describe the process of using a modulator to shift the 
1 5 frequency of a signal from a lower frequency to a higher frequency. 

When the data signal and the carrier signal are both analog signals, then a 
modulator may be constructed using an analog multiplier (also known as a mixer) having 
two inputs and one output The data signal is provided to the first input and the carrier 
signal is provided to the second input. Given a passband signal G(co), centered at o) 0> and a 
20 carrier signal cos(co c t), then the output //(co) of the multiplier is a signal having two 
sidebands. The spectrum of the signal H(os) is the combination of two terms known as 
upper and lower sidebands. The frequency components of the lower sideband correspond 
to the sum co c - co 0 and the frequency components of the upper sideband correspond to the 
difference co c + co 0 . The multiplier is said to create sum and difference frequencies. The 
25 signal i/(fo) may be filtere4 to remove one of the sidebands. 

Alternatiyely, the dam signal g(t) may be represented by a digital signal g(k). The 
signal g(k) is a sequence of .digital values, such as the output of an analog-to-digital converter, 
. , where k is an integer index which identifies the k* value in the sequence. When the data 
signal and the carrier signal are both digital signals, then a digital multiplier, having an output 
30 h(k) may be used as a modulator. The output of the digital multiplier is a digital signal which 
may be converted to an analog signal by providing the signal h(k) to an input of a digital-to- 
• analog converter. ..... 
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Manufacturers have sought to produce modulators that are more power efficient and 
lightweight. For example, a typical modulator used in a cellular telephone may comprise a 
digital-to-analog converter to provide the data signal, a first filter to remove unwanted 
sidebands produced by the digital-to-analpg converter, a local oscillator to provide the 
5 carrier signal, a mixer to create the sum and difference products (sidebands) and a second 
filter to remove unwanted sidebands produced by the mixer. 

The first filter is used to remove harmonics produced by the digital-to-analog 
converter because the analog signal produced at the output of the digital-to-analog converter 
comprises an infinite number of harmonics. Each harmonic corresponds to a harmonic 
10 frequency of the frequency at which digital values are provided to the analog-to-digital 
converter. The harmonics occur at frequencies given by «co S) where n = ±1 . . .±00 and g> s is the 
sample frequency (i.e., the rate at which the digital-to-analog converter produces a new output 
value). Thus, a digital-to-analog converter, in addition to converting a digital signal to an 
analog signal, can act as an up-converter and convert a signal from baseband to a large 
15 number of harmonics. 

Prior art attempts to minimize the number of components in the modulator generally 
result in increased distortion of the modulated, signal. This increase in distortion adversely 
affects the modulation accuracy of the system, it adversely affects the power efficiency of the 
system, and it adversely affects the spectrum of the modulated signal. 
20 The modulation accuracy of a system is usually specified in terms of the total 

allowable modulation error, expressed as an error budget. The error budget generally arises 
from industry specifications and government regulations. The error budget is "spent" by 
tallying the error (or distortion) introduced by each stage in the system. Errors produced by 
one stage of a system usually propagate through the system and may even increase the errors 
25 produced by later stages in the system. Thus, if one stage introduces a relatively large error, 
that large error must be offset by a relatively smaller irtox in other stages. 

Distortions produced by the modulator often' reduce power efficiency of the system 
because the distortions cause an" increase in tHe r amplitude b'f unwanted harmonics of the 
modulated signal. The power amplifiers, especially tfie* transmitter power amplifiers, amplify 
30 these unwanted harmonics. In order to meet the' total error budget of the system, the power 
amplifier is typically operated in a more linear region. Unfortunately, many RF power 
amplifiers are less efficient when operating in the linear region, and thus, linear operation may 
increase the drain on the batteries. Distortions, such as, for example, sine distortion, in the 
modulator may also reduce the amplitude of desired harmonics of the modulated signal, 
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resulting in a need for additional amplification, which also increases the power consumption 
of the power amplifiers, thereby diminishing battery life. 

Finally, distortions produced by the modulator adversely affect the spectrum of the 
modulated signal in ways that often require additional filtering to correct (e.g., filters with ' 
steeper slopes and more filter stages). Additional filtering is often needed because the 
distortion may cause a relative increase in the amplitude of unwanted harmonics and a relative 
decrease in the amplitude of desired harmonics. The additional filtering is used to reduce the 
amplitude of unwanted harmonics and increase the amplitude of desired harmonics. 

One type of distortion that is often found in a modulated signal is distortion due to a 
0 phenomenon known as the sine effect (discussed below in connection with Figure 3). The 
sine effect causes a distortion of the modulated signal that adversely affects the error budget. 
When modulators of the type described above are incorporated into electronic devices, their 
relatively large inaccuracy uses up a large portion of the error budget, and attenuates the 
desired harmonics relative to the undesired harmonics. 
^ Summary 

The present invention solves these and other problems by disclosing a digital-to- 
analog conversion and filtering technique that reduces the distortion and attenuation caused ^ 
by the sine effect. In one embodiment, the shape of the sine function that gives rise to the * 
sine effect is altered in a manner such that the distortion produced by the sine effect is 
20 reduced. In a preferred embodiment, the sine function is altered such that a desired 
sideband is less effected. The digital-to-analog conversion and filtering technique can be 
used in a modulator that uses relatively fewer parts than conventional modulators and yet 
provides a modulated signal having low distortion. Reducing the distortion of the 
modulated signal helpTto reduce overall power consumption of the system. In particular, 
25 reducing the distortion of the modulated signal allows the system designer to use power 
amplifiers that operate more efficiently. Reducing the distortion of the modulated signal 
may also allow the system designer to reduce the gain of the power amplifiers in some 
circumstances. 

In one embodiment is a modulator comprising a digital-to-analog converter. An 
30 analog output of the converter provides a first output voltage corresponding to a digital input 
signal. The converter holds the output voltage desired time period T u after which, the output 
voltage returns to a second output voltage for a time period T 2 . In a preferred embodiment, the 
output of the digital^to-analbg converter is a return-to- zero (RTZ) output, wherein the second 
output voltage is substantially zero volts. Bringing the output back to a.fixed voltage, such as 
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zero volts, results in an output signal which can. be described as a series of pulses. 
Configuring the output signal as a series of pulses pushes the nulls of the sine function to 
higher frequencies so that the nulls are relatively farther from the desired sidebands than in a 
conventional analog-to-digital converter output signal.. The distortion of a sideband is greater 
when the sideband is near a null in the sine function. Attenuation of a sideband is also greater 
when the sidebands is near a null in the sine function. Thus, the present invention reduces 
attenuation and distortion by moving the nulls of the sine function away from the desired 
sidebands. 

In yet another embodiment, a new. digital value is provided to a digital input of the 
digital-to-analog converter every T s microseconds, and the sum of the time periods T\ and T2 
corresponds to the sample period T s , such that T s = T\ + Ti. 

Brief Description of the Drawings 

The various novel features of the invention are illustrated in the figures listed below 
and described in the detailed description that follows. 

Figure 1 is a block diagram of an analog-to-digital system, including time domain and 
frequency domain representations of the waveforms at various points in the system. 

Figure 2 is a block diagram of a digkal-to-analog system, including time-domain 
representation of the waveforms at various points in the system. 

Figure 3 is a frequency domain representation of the analog signal produced by an 
analog-to-digital converter shown in Figure 2. 

Figure 4 is a block diagram of a digital-to-analog up-converter system, including time 
domain representations of the waveforms in the system. 

Figure 5 is a frequency domain representation of the waveforms in the system shown 
in Figure 4. - : , _ . , . 

Figure 6 is a block diagram of a digital-to-analog up-converter system in accordance 
with one aspect of the present invention, .... 

Figure. 7 lis .a frequency , domain representation of the waveforms in the system shown 
in Figure 6. 

- Figure 8 is a block, diagram of a transmission system comprising a balanced 
modulator. : n;.- : ^; t : . . . ... . 

Figure 9a.is.a frequency domain, representation of an output of the balanced modulator 
as shown in Figure 8. . : :r 

Figure 9b is. an I/Q constellation diagram of the modulated signal produced by an 
output of the balanced modulator as shown in Figure 8. 
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Figure 10a is a frequency domain representation of an output of the balanced 
modulator as shovm in Figure 8: 

Figure 10b is an I/Q constellation diagram of the modulated signal produced by an 
output of the balanced modulator as shown in Figure 8 . 

In the figures, the first digit of any three-digit number indicates the number of the 
figure in which the element first appears. Where four-digit reference numbers are used, the 
first two digits indicate the figure number. 

Detailed Description of the Preferred Embodiment 
The present invention involves the conversion of digital signals to analog signals in a 
manner that desirably provides up-conversion as well as conversion from the digital domain to 
the analog domain. Even though the processes of analog-to-digital conversion is well known, 
the invention will be more clearly understood in view of the following discussion of analog- 
to-digital conversion. 

The process of analog-to-digital conversion is illustrated in Figure 1, where an analog 
signal g(0 is created by a person 102 speaking into a microphone 1 04. The analog signal g(t) 
is provided on an analog signal line 106 to an ideal sampler 108. The ideal sampler 108 
converts the continuous signal g(t) into a sampled signal h(t). The signal hit) is a series of ^ 
discrete samples with a time T between each sample. The signal h(t) is provided to an input of 
a digital quantizer 1 1 1 . An output of the digital quantizer 1 1 1 is a sequence of digital values _ 
h(k\ The. ideal sampler 1Q8 and the digital quantizer 111 comprise an analog-to-digital 
converter 107. 

The analog signal gtf) is shown as a continuous smooth curve 1 12 having substantially 
continuous derivatives and finite energy. The signal g(0 may also be conveniently 

, transformed using Fourier or Laplace transforms into a frequency domain signal G(co). The 
transform pair g(t) G(co).is shown in Figure 1. Since the signal g(/) is produced by a 
microphone froma human voice, the signal G(a>) will have a band limited frequency spectrum 

: comprising an upper, frequency band 120 centered at a frequency g> 0 and a lower frequency 
band 121 centered at a frequency -o> 0 as shown in Figure, 1. One skilled in the art will 
recognize that the curve g(0 .1 12 is .shown in Figure 1 as a sine wave merely for convenience, 
and that in actuality a curve representing gif) for a human voice would be more complex. 
Likewise, the sidebands 120 and 121 are greatly simplified and shown in Figure 1 as idealized 
curves rather than representations of actual data. 

As stated previously, the curve 112 representing g(r) is smooth and continuous, 
however, digital systems are typically designed to operate on data that has been sampled into 
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discrete time intervals, and digital systems typically represent a continuous curve as a 
sequence of data values, one data value per time interval. _ Thus, before converting the signal 
g(t) from the analog domain to the digital domain, the signal g(t) is sampled by the ideal 
sampler 108. The ideal sampler 108 multiplies the signal g(f) by a sampling signal s(t). The 
signal s(t) comprises a series of delta functions separated by -a time T s , such that the sample 
frequency co s (e.g., the repetition rate of the pulses) is given by co s = 27i/T. 

The signal s(() is shown in Figure 1 as a time domain plot 114. The Fourier transform 
of s(t) is iS(co)and is shown in Figure 1 as a frequency domain plot 124. The plot 124 shows 
that S(co) is simply a sequence of delta functions a mo s where n = 0, ±1, ±2, . . ., ±00. 

The process of analog-to-digital conversion is a process of real-world to mathematical- 
world conversion. In other words, a digital signal produced by an analog-to-digital converter 
is a mathematical representation of the analog signal. The ideal sampler 108 is a convenient 
way to mathematically describe the process of quantizing a smooth and continuous signal g(f) 
into a discrete sequence of samples, as represented by the signal h(t) produced at the output of 
the ideal sampler 108. The digital quantizer 111 converts the idealized signal h{t) into digital 
values, as represented by a signal h(k), where k = 0, ±1, ±2, ±00.. The frequency domain 
representations of h(f) and h(k) are similar. ; - r 

The ideal sampler 108 'multiplies g{f) by s{t\ thus h(t) ^ g(0s(f) as shown in a plot 1 16 
in Figure 1 , is a sequence of pulses spaced at intervals of T'where the height of the pulses 
tracks the curve 112. It is well known that multiplication in the time domain is equivalent to 
convolution (represented as a * symbol) in the frequency domain. Thus, //(co) = G(co) * S(co) 
comprises repeating copies (harmonics) of the fundamental sidebands 120 and 121, as shown 
in a plot 130. The copies repeat every n<o s resulting in an infinite number of harmonics. The 
plot 130 shows the original sidebands 120 and 121, and the first harmonics 126 and 128. The 
harmonic 126 is centered at co s + 6> 0 and the harmonic 128 is centered at cd s -c6 0 ; Also shown in 
the plot 130 are the negative frequency iiii^ges oF tHe : harmohics 126 and 128 centered at - 
(coj + coo) and '-<6)5 - cDo). All bf the 1 haimohiw copies of the 

fundamental sidefiancte 120 arid l21 in all rdspe&t^p including height^ bandwidth, and shape, 
except that the hahrionics are shifted iri' frequency J * r ' 

Having produced a signal 7i(fc) : representing an analog-to^digital conversion of the 
signal g(t) it is instructive to examine the process of digital-to-analog conversion using prior 
art methods used to construct an analog signal from the* signal h(k). If the process of analog- 
to-digital conversion is perfect, and the subsequent process of digital-to-analog conversion is 
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perfect, then tte reconstructed analog signal g\t) will be identical to the original signal g(t). 
As will be seen, the processes are not perfect, and thus g\t) is only approximately equal to 

The process of digital-to-analog conversion is illustrated in Figure 2, where the signal 
5 h(k) is provided to a digital input of a digital-to-analog converter 202. An output of the 

digital-to-analog converter 202 is a signal *'(/)» which is provided to an input of a bandpass (or 

lowpass) filter 204. The signal g\f) is provided as an output of the filter 204. 

Figure 2 also shows the process of using a mixer to up-convert the analog signal g (t) 

to produce an Intermediate Frequency (IF) signal y\(t). The signal g\t) is provided to a first 
10 input of a mixer 206 and an output of a Local Oscillator (LO) 208 is provided to a second 

input of the mixer 206. An output of the mixer 206 is provided to an input of an IF bandpass 

filter 210. The signal y) (t) is an output of the filter 210. 

As shown from the plot 130 in Figure 1, the frequency spectrum of the incoming 

digital signal h(k) comprises a series of repeating harmonics which are symmetric about the 
1 5 origin. The repeating harmonics repeat to infinity in each direction. The bandwidth of the 

fundamental signal G(co) is desirably less than g>,/2, and the repeating harmonics are centered 

about integer multiples of positive and negative frequencies ±co,. The frequency spectrum of 

H(oy) is yiven by: 

+00 

H(a>)= J^Gia-ncoJ (1) 

20 Referring now to Figure 2, the output of the digital-to-analog converter 202 uses a 

process known as zero-order interpolation to produce a staircase waveform corresponding to 
the digital signal. Zero-order ^interpolation is commonly referred to as sample-and-hold 
t . - processing. The output of the digital-to-analog converter 202 is a continuous signal having a 
. . beginning value corresponding to the value of the first digital sample (e.g., h(0)) provided to 
.25 i the input of the digital- to-analo»g converter 202. The digital-to-analog converter 202 holds this 
« value for one. complete period T, then rapidly , changes the value of the staircase waveform to 
/the next value of the digital 4giial for the next period T (corresponding to h{\)). This process 
continues with each respective pulse . in the signal to produce a staircase signal x(t) shown in 
Figure 2 as a curve 214. The staircase signal x(f) comprises the desired signal g\t) plus higher 
30 order, harmonics. The higher order harmonics are desirably removed by the filter 204, leaving 
. the . desired signal g(t\ 

, Figure 3 shows a frequency domain plot of | X(co) | (the Fourier transform of x(r)). The 
signal X(co), like the signal #(co), can be described as a fundamental and an infinite set of 
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similar sidebands. However, unlike the signal, //(co), the sidebands , in X(<o) are not 

substantially identical to the fundamental. In fact, the sidebands in //(co) are modulated by a 

sine function shown as a curve 302 in Figure 3. The sine function arises because the output of 

the digital-to-analog converter 202 is. a sample-and-hold output. The sample-and-hold 

A 

5 character of the output is evident in the staircase curve 214 shown in Figure 2, wherein each 
analog output value is held until a new analog value is provided. 

The shape of the sine function producing the curve 302 (ignoring a constant amplitude 
factor) is given by the formula sinc(co) = sin^co/co^T^Vco,). The curve 302 has a peak of 
unity (0 dB) with a slope of zero at co = 0, and it has a first null 322 at co = co^, a second null 
10 323 at co = 2co j5 and an n* null at co = na> s (not shown). The curve 302 shows. a first sidelobe 
in the frequency band co^ < co < 2co 5 and a second sidelobe in the frequency band 
2co,y < co< 3 co As shown in Figure 3, the signalX(co) has a fundamental comprising an upper 
sideband 304 centered at coo and a lower sideband 306 centered at -coo- The sidebands 304 and 
306 are distorted slightly by the sine curve 304, but since the curve 304 is unity with a slope of 
15 zero at the origin, the effect on the sidebands 304 and 306 is small. The sidebands 304 and 
306 are reduced slightly in amplitude, and the higher frequencies are attenuated slightly more 
than the lower frequencies (e.g., the top of the sideband 304 is hot flat). 

Like the signal //(co), the signal X(<£>) also has an infinite number of harmonics. 
However, unlike the signal //(co), the sidebands of the signal X(co) are distorted by the sine 
20 curve 302. Figure 3 shows a first harmonic comprising a sideband 312 centered at 
co = co 5 + 00 and a sideband 314 centered at co = co 3 - coo (where coo < <oJ2). Since the 
sidebands 312 and 314 are close to the null 322, the sidebands 312 and 314 are considerably 
distorted. The sideband 312 is attenuated approximately 17 dB on average, and lower 
frequencies of the sideband 312 are attenuated almost 5 dB more than the higher frequencies. 
25 The sideband 314 is "attenuated approximately 15 dB on average, and the high frequencies are 
attenuated almost 5 dB niore than the low v fi^^ 312 is attenuated more 

than the sidelobe" 314 because the sidebahd 311 is und^ : the r - first sidelobe of the curve 302 and 
the peak of the first sidelobe occurs at approxiniitely j -T3 dB. By contrast, the sideband 314 is 
attenuated less "than the sideband 312 because the sideband 314 is under the main lobe of the 
30 curve 302 and the main lobe peaks at 6 dB. : 

The sine function shown in Figure 3 arises because of the sample-and-hold process. In 
mathematical terms, this sample-and-hold process corresponds to a convolution of each 
incoming digital pulse with a rectangular waveform having a height equal to 1 and a width 
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equal to T. In other words, the rectangular waveform, given by a function /?(/), equals 1 
between the interval of 0 to T 9 and equals 0 at all other locations. The formula for the 
resulting sample-and-hold waveform in the time domain is given by: 

x(o=£*(»w-«n*^(o ( 2 ) 

where the function h{n) provides the values of the incoming digital signal and 5 is the 
delta function. 

Figure 3 shows the frequency spectrum of the incoming digital signal, as shown in 
Figure 2, together with the frequency spectrum, />(co), of the rectangular waveform. The well- 
known formula for P(co)is given as follows: 

T s\n(7tco I & s ) 



(3) 



10 W= , 

1 710)1 0) s 

The signal .P(co) is a sine function comprising a sinusoidal function with a large 
amplitude about the origin, and which decays in both the positive and negative directions. 

The combined signal resulting from the multiplication of the frequency spectrum of 
the incoming digital signal and the frequency spectrum of the sample-and-hold pulse, P(co), is 
15 therefore given by: 



P(co) (4) 



The sinusoidally decaying frequency spectrum of the rectangular waveform causes the 
combined signal to have a distortion commonly known as the "sine" effect. The sine effect 
causes the amplitudes of the frequencies between positive and negative co, to be larger, by 

20 comparison, than the-^mplitudes of the frequencies greater than |co,|. Thus, zero-order . 
interpolation functions essentially like a low-pass filter. 

Moreover, the distortion caused by the sine effect is especially significant in the 
proximity of nulls .(points, where the sine function equals zero), the slope of the curve 
corresponding to Ae .combined signal becomes much steeper as the values approach zero in 

25 these regions and consequently, produces more attenuation on the side of a given harmonic 
which is closest to a null. Such asymmetrical attenuation causes substantial error in the 
modulated signal. 

In prior art modulators, the signal x(0 is passed, through a lowpass filter to remove 
the undesirable frequency harmonics in the signal. In many applications, the analog signal 
30 must also be multiplied up to a higher frequency for subsequent use. In such 
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configurations, the frequency multiplier 206 shown in Figure 2 is used to create higher 
frequency components (desired and undesired) and. the IF bandpass filter 210 is used to 
remove the undesirable frequencies added by the multiplier. The output of the bandpass 
filter 210 is a modulated signal y\(f) shown as a curve 218 in Figure 2. The curve 218 
oscillates at a frequency substantially corresponding to the frequency of the local oscillator 
208, and the curve 218 has an envelope corresponding to the signal 

The number of required components may be reduced by removing, the bandpass 
filter 204, the local oscillator 208 and the mixer 206, leaving the digital-to-analog converter 
202 and the IF bandpass filter 210, as shown in Figure 4. The output of the digital-to- 
analog converter 202 is provided to the input of the IF bandpass filter 210 and the output of 
the bandpass filter 210 is an IF signal yi{t). The signal yi(t) is shown as a curve 416 in 
Figure 4, As explained in more detail below, the curve 416 oscillates at a frequency 
substantially corresponding to a harmonic of the sample frequency a>j, and the curve 416 
has an envelope corresponding to the signal g*(t). 

The frequency domain waveform I^C©) is shown in Figure 5. Figure 5 shows 
essentially the same spectrum as Figure 3, and Figure 5 also shows the spectrum of the 
bandpass filter 210 as a curve 404. The curve 404 (showing the passband of the bandpass 
filter 210) passes only the sideband 312. The sideband 312 is related to the first harmonic 
frequency co 5 . The output of the bandpass filter 210 has the spectrum of a single-sideband 
amplitude modulated signal with a carrier frequency of co J+ coo. This is the same type of 
signal that is produced by the up-converter (the combination of the local oscillator 208, the 
mixer 206, and the bandpass filter 210) shown in Figure 2. Thus, the combination of a 
digital-to-analog converter and a bandpass filter provides conversion from digital to analog 
and up-conversion. 

A number of inherent deficiencies result" from using a harmonic (e.g., one or both of 
the sidebands 312 and 314) from a sample-ahd-hold output rather than using the fundamental 
frequency bands and an up-converter. The sidebands of the first harmonic are distorted due to 
the sine effect because the sidebands lie close to* the null 322, causing them to have 
particularly poor asymmetrical attenuation. As discussed above, this increase in distortion 
adversely affects the spectrum of the modulafed signal, it adversely affects the modulation 
accuracy of the system, and it adversely affects the power efficiency of the system. In 
particular, the distortion may cause a relative increase in the amplitude of unwanted harmonics 
sidebands and a relative decrease in the amplitude (power) of one or more desired harmonic 
sidebands in the modulated signal. 
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The diminished power of a desired harmonic sideband, and the accompanying 
requirement of increased amplification, are clearly shown in Figure 5. Due to the sine effect, 
the amplitude of the desired sideband 312 is approximately 17 dB less than that of the 
amplitude of the fundamental. Moreover, the desired sideband 312 itself is distorted, with the 
5 lower frequencies of the sideband 312 being attenuated approximately 5 dB more than the 
upper frequencies of the sideband 312 (as shown by the slope in the top of the sideband 312). 

Figure 6 shows a combined digital-to-analog converter and frequency multiplier that 
reduces the distortion and error caused by the sine function. In Figure 6, the sequence of 
digital values h{k) is provided to a digital input of a digital-to-analog converter 602 and an 
1 0 analog output z(f) of the digital to analog converter 602 is provided to a first input of a switch 
603 and to an input of the bandpass filter 210. A second input of the switch 603 is provided to 
ground. A control output of the digital-to-analog converter is provided to a control input of 
the switch 603. 

The switch 603 returns the analog output of the digital-to-analog converter to ground 
1 5 during a portion of each sample period, so that the output signal z(t) is not a stairstep (as was 
the signal x(t)) but rather is a series of pulses. The pulses occur at the sample rate (pulse 
repetition frequency) co s and have a pulse width A, as shown in a curve 610 in Figure 6. 

One skilled in the art will recognize that the use of the switch 603 is only one of many 
ways that an analog output from a digital-to-analog converter can be provided as a series of 
20 pulses. The block diagram shown in Figure 6 is intended to be used for purposes of 
illustration, and not as a limitation. Other methods for producing a series of pulses having a 
pulse width A and a pulse repetition frequency (PRF) to, are within the scope of the present 
invention. 

Mathematically,^ the incoming digital signal h(k)h{t-kT) is convolved with a 
25 rectangular pulse, p n (t), which equals 1 for the period between 0 and A (a number which is 
, - smaller than 7), and equals Oat all other locations. Thus: 

..: :; x (t)~ TKn)S(t-nT)* P„(t) , (5) 

n=-co 

The ratio of A/T is known as the "duty cycle" of MO, and indicates the percentage of a 
period during which p„(t) has ah identity value. Ignoring a constant scaling factor, the 
30 frequency spectrum of p n {t\ known as P„((o), is given by: 



sin(/Ktf. 



nco L 



(6) 
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where co A =2n/A. The variable A is chosen to generate a desired duty cycle for a given 
application, which depends on the frequency harmonic to be obtained from the digital-to- 
analog converter. As A becomes smaller and smaller, the. graph of P rt (co) has an increasingly 
smaller slope, and the respective distances between nulls increases. If, for example, A=772 
(that is, the pulse returns to zero after half of a period) then, P n (co) is given by: 



sin 

T 



TtCO 



TtCO 
2<2> r 



(7) 



Figure 7 shows a curve 702 corresponding to the spectra of the sine function 
(produced by the pulse p n {f) for A = 7/2) and the spectrum of the signal Z(co). The curve 722 
has a first null 722 at 2cDj (rattier than a first null at to 5 as shown in Figure 3). The signal Z(co) 
includes a fundamental having sidebands centered at 00 5 and -co 5 . The signal Z(co) also 
includes a first harmonic having a sideband 704 centered at co 5 + coo and a sideband 706 
centered at & s - co 0 . The signal Z(co) further includes a second harmonic having a sideband 
708 centered at 2co 5 + coo and a sideband 710 centered at 2<o", - coo. A curve 730 shows the 
transfer function of the bandpass filter 210. 

Thus, the sidebands 704 and 706, corresponding to the first harmonic, are well 
removed from the first null 722. This means that the sidebands 704 and 706 are not as 
strongly attenuated or distorted as the sidebands 312 and 314 shown in Figure 3. In fact, the 
sidebands 704 and 706 are only about 5 dB down from the fundamental, and the difference 
between the attenuation of the highest and lowest frequencies of each sideband is only about 1 
dB. . _ 

Comparison of Figure 7 and Figure 3 shows' the following: (i) the amplitude of P„(a>) 
decreases more gradually than P(co) with increasing values of <a; (ii) the null points of P„(a>) 
occur at higher frequencies than the null points of P(co); and (iii) the sidebands of the desired 
signal can be movedfurther away from the null points of P„(co) than the null points of P(a)). 

Since the amplitude of P„(co) decrease more gradually, the amplitude of the combined 
signal comprising P„(co) and the incoming digital signal h(k) also decreases more gradually, 
and thus there is a more gradual drop-off in power between the fundamental frequency and the 
harmonic frequencies. 

The additional distance between null points provides another advantage. Since the 
null points occur further from the origin, there are more harmonics within the envelope 
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between the origin and- the first null point. These harmonics are much easier to use because 
the power does not dramatically decrease until the first null point. 

Moving the desired sidebands away from the null points provides yet another 
advantage. Since the slope of a sine function is smaller away from the null points, the 
individual harmonic frequency signals have less asymmetrical attenuation and therefore have . 
less distortion and the overall signal has a smaller modulation vector error. Moreover, the 
requirements (e.g. rolloff rate) placed on the bandpass filter that selects the desired sideband 
are relaxed, and, therefore, cost and complexity are reduced. 

Figure 8 shows one embodiment of a transmitter 800 that uses digital-to-analog 
conversion and frequency up-conversion. The transmitter 800 is one embodiment of a 
transmitter for a microcellular telephone application. The transmitter 800 has an I-channel 
input 802, which is provided to an input of a digital signal-processing block 804. An output of 
the block 804 is provided to a first input of a digital multiplier 806 and an output of a digital 
sine sequence generator is provided to a second input of the multiplier 806. An output of the 
multiplier 806 is provided to a first input of a digital adder 808. The transmitter 800 has a Q- 
channel input 801, which is provided to an input of a digital signal-processing block 810. An 
output of the block 810 is provided to a first input of a digital multiplier 812 and an output of a 
digital cos sequence generator is provided to a second input of the multiplier 812. An output 
of the multiplier 8 1 2 is provided to a second input of the digital adder 808. 

An output of the digital adder 808 is provided to a digital input of a digital-to-analog 
converter 814. An analog output of the digital to analog converter 814 is provided to a 
bandpass filter 816 having a center frequency of 10.75 MHz, corresponding to a first IF 
frequency. An output of the filter 816 is provided to a first input of a mixer 81 8 and an output 
of a 245 MHz local oscillator 820 is provided to a second input of the mixer 818. An output 
of the mixer 818 is provided to a bandpass filter 822 having a center frequency of 255.75 
MHz. An output of the filter 822 is provided to a first input of a Radio Frequency (P v - mixer 
824 and an output of a 1.8-1.9 GHz RF carrier oscillator 826 is provided to a second input of 
the mixer 824. An output of the mixer 824 is an RF OUT- signal" 830 which may be provided 
to RF power amplifiers (not shown) and/or an antenna (not shown). 

The signal processing block 804 and 810, the digital multipliers 806 and 812, and the 
digital adder 808 comprise a balanced modulator to provide digital data modulation of the 
digital baseband signal (e.g., a voice signal in a cellular' telephone). The modulated digital 
signal is converted to an analog signal by the digital-to-analog converter 814. The analog 
signal provided by the digital-to-analog converter 814 may be a non-return-to-zero signal, as 
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discussed in connection with Figures 9a and 9b. Alternatively, the analog signal provided by 
the digital-to-analog converter 814 may be a return-to-zero signal, as discussed in connection 
with Figures 10a and 10b. The analog signal is up-converted to a first IF by the digital-to- 
analog converter 814 and the filter 816. The subsequent mixer and filter stages up-convert the 
signal to the second IF and then to RF. 

Figure 9a is a frequency domain representation of an output of the balanced modulator 
as shown in Figure 8. Figure 9a corresponds to a modulator wherein the digital-to-analog 
converter 814 has a sample-and-hold output. Figure 9a shows a fundamental 904 and first 
harmonic sidebands 908 and 906. The sine function is clearly visible in the noise (between the 
sidebands) and the first null can be seen between the sidebands 906 and 908. The sidebands 
908 and 906 are approximately 15 dB below the fundamental 904. 

Figure 9b is an I/Q constellation diagram of the modulated signal produced by an 
output of the balanced modulator corresponding to Figure 9a. The constellation in Figure 9b 
shows eight data states and an error (scatter) of approximately 5%. The error is due, 
primarily, to errors in modulation due to the distortions caused by the sine effect. 

Figure 1 0a is frequency domain representation of an output of a balanced modulator as 
shown in Figure 8 in accordance with one aspect of the present invention. Figure 10a 
corresponds to a modulator wherein the digital-to-analog converter 814 has a pulse (return to 
zero) output with A Figure 10a shows a fundamental 1004, first harmonic sidebands 

1006 and 1008, and a second harmonic sideband 1010. The sine function is clearly visible in 
the noise 1001 (between the sidebands) and the first null can be seen above the second 
. harmoaic sideband 1010. The sideband 1006 is only about 5 dB below the fundamental 1004. 

Figure 10b is an I/Q constellation diagram of the modulated signal produced by an 
output of the balanced^modulator corresponding- to Figure 10a. The constellation in Figure 
1 0b shows eight data states and an error (scatter^ of,pnly about 2%. 

Comparing Figure 9b to Figure 10b. shows- that the return-to-zero output used in Figure 
,10b reduces- the mpdulation error as. evidenced .by the small scatter in the I/Q constellation. 
Moreover, comparing. Figure 9a to Figufje 10a shows f that the retum-to-zero output used in 
Figure 10a reduces -the amplitude distortions caused by the sine effect and the amplitude of the 
desired signal 1006 is less attenuated th^n, the jamplitude of the signal 906. 

Although described above : in . connection with particular embodiments of the present 
invention, it should.be understood the descriptions of the embodiments are illustrative of the 
invention and are not intended to be limiting. Various modifications and applications may 
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occur to those skilled in the art without departing from the true spirit and scope of the 
invention as defined in the appended claims. 
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WHAT IS CLAIMED IS: 

1 . A combined digital-to-analog converter and frequency multiplier comprising: 

an input configured to receive a sequence of digital values, each of said digital 
values corresponding to a sample period; 

an output configured to produce a sequence of output pulses corresponding 
to said sequence of digital values, each of said pulses corresponding to one of said 
digital values and having a sample height corresponding to said one of said digital 
values, each of said pulses having a pulse width less than said sample period; and 

a bandpass filter configured to receive said sequence of output pulses, said 
bandpass filter configured to pass frequencies corresponding to a harmonic of said 
sample period. 

2. A digital-to-analog converter comprising: 

an input configured to receive a first digital value; and 

an output configured to provide a first output voltage for a first time period and 
a second output voltage for a second time period, said first output voltage related to 
said first digital value, said second output voltage unrelated to said digital value. 

3. The digital-to-analog converter of Claim 2, wherein said second output voltage 
is substantially zero volts. 

4. The digital-to-analog converter of Claim 2, wherein said second output voltage 
is a fixed voltage. 

5. The digital-to-analog converter of Claim 2, wherein said first time period is 
substantially the same as said second time period. 

6. The digital-to-analog converter of Claim 2, further configured to receive a 
second digital value, wherein a time period between receipt of said first digital value and 
receipt of said second digital value is equal to a sum of said first time period and said second 
time period. 

7. The digital-to-analog converter of Claim 2, further configured to receive a 
second digital value. 

8. The digital-to-analog converter of Claim 7, wherein said output is configured 
to provide a third output voltage for a third time period and said second output voltage for a 
fourth time period, said third output voltage related to said second digital value. 

9. The digital-to-analog converter of Claim 2, further comprising a bandpass 
filter operatively coupled to said output. 
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10. A method for converting a sequence of digital signals to an analog signal at an 
intermediate frequency, comprising the acts of: 

converting a digital value to an analog value; 

providing said analog value to a filter for a first time period; and 

providing a fixed analog value to said filter for a second time period. 

1 1 . The method of Claim 10, wherein said filter is a bandpass filter having a center 
frequency corresponding to an intermediate frequency. 

1 2. The method of Claim 1 0, wherein said fixed analog value is substantially zero. 

13. A method for converting from digital to analog, comprising the acts of: 
converting a sequence of digital values into a pulse signal, each of said 

digital values corresponding to a sample period, said pulse signal comprising a 
sequence of analog pulses, each of said analog pulses having a pulse width less than 
said sample period, said pulse signal returning to a fixed value during periods 
between each of said pulses; and 

filtering said analog pulses using an analog filter. 

14. The method of Claim 1 3, wherein said pulse width is one half of said sample 

period. 

1 5 . The method of Claim 1 3, wherein said fixed value is substantially zero. 

1 6 . The method of Claim 1 3, wherein said fixed value is a fixed voltage. 

17. The method of Claim 1 3, wherein said analog filter is a bandpass filter. 

18. The method of Claim 13, wherein said analog filter is a bandpass filter having 
a bandwidth and a center frequency, said center frequency corresponding to an intermediate 
frequency. 

19. A signM made by the method of Claim 1 3 . 

20. A digital-to-analog converter comprising: 

■ an input configured to receive a first digital value; and 
output means for providing a first output voltage for a first time period and a 
second output voltage for a second time period. 

21 . A digital-to-analog converter comprising: 

an input configured to receive a digital value; and 

return-to-zero output means for providing an output pulse corresponding to 
said digital value. 

22. A telecommunications device comprising a modulator, said modulator 
comprising an output configured to produce a sequence of output pulses corresponding to a 
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sequence of digital values, said sequence of digital values having a sample period, each of 
said output pulses corresponding to one of said digital values,, each of said output pulses 
having a pulse width less than said sample period, said modulator further comprising a 
bandpass filter configured to receive said sequence of output pulses, said bandpass filter 
5 configured to pass frequencies corresponding to a harmonic of said sample period. 
23. A balanced modulator, comprising: 

a first input configured to receive a sequence of first digital values, each of said 
first digital values corresponding to a sample period; 

a second input configured to receive a sequence of second digital values, 
10 each of said second digital values corresponding to a sample period; 

an output configured to produce a sequence of output pulses, each of said 
output pulses corresponding to one of said first digital values and one of said second 
digital values, each of said pulses having a pulse width less than said sample period; 
and 

15 a bandpass filter configured to receive said sequence of output pulses, said 

bandpass filter configured to pass frequencies corresponding to a harmonic of said 
sample period. 
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